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1. Introduction
Latency is critical for services such as VoIP, PoC, and videophone. According to ITU G.114 [1], an intra-regional (e.g., within Africa, Europe, North America) VoIP call should experience a single direction latency on the order of 150 msec, and an inter-regional VoIP call should experience a single direction latency on the order of 200-300 msec. For a mobile to mobile VoIP call, existing EGPRS protocols with ARQ, accounting for one retransmission per air interface, have a latency per direction on the order of 420 msec [2]. Approximately 370 msec [2], or 88% of the latency, is taken in the two GERANs. This latency exceeds the 200-300 msec latency for an inter-regional VoIP call and is well beyond the 150 msec latency for an intra-regional VoIP call. Clearly reduction of the latency in the GERAN is necessary.
A high speed hybrid ARQ (HS-HARQ) mechanism for the reduction of EGPRS latency is introduced. Several factors affect EGPRS latency in an ARQ mechanism including BLER, TTI, and rate of acknowledgement. The HS-HARQ mechanism increases the rate of acknowledgement by moving the ARQ mechanism from the PCU to the BTS and operating multiple Stop and Wait ARQ processes with synchronous acknowledgements. Terminating the ARQ protocol at the BTS would eliminate the backhaul delays between the BTS and the PCU from the ARQ loop. Operating the ARQ mechanism with synchronous acknowledgement would keep the acknowledgement delay constant and low. The synchronous nature of the acknowledgements would allow for a very small number of acknowledgement bits to be exchanged every block period. 
The basic delay to transmit, acknowledge, and retransmit a block would be 60 msec in either uplink or downlink. By reformatting the EGPRS headers to use smaller BSNs and taking the remaining bits for piggybacked acknowledgements and other ARQ variables, the ARQ protocol overhead could be reduced to zero.
Maximum backward compatibility could be achieved by limiting the number of timeslots supported per TBF under the HS-HARQ protocol. Such TBFs in a multiple TBF environment are sufficient for VoIP, PoC, and videophone services. 
2. Comparison of EGPRS ARQ, Fast ARQ, Reduced TTI, and HS-HARQ
Table 1 shows the round trip latency for a downlink block transmission, an acknowledgement, and a retransmission under the HS-HARQ scheme. A node delay of 5 msec is assumed at the BTS. The latency is calculated from when the BSC/PCU has started sending the block to the mobile and ends when the mobile receives the retransmission.
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Table 1 – HS-HARQ latency analysis (time to send transmission, acknowledgement, and retransmission)
Table 2 compares the latency of several schemes in the same scenario. With the EGPRS ARQ, it is assumed that a poll is done every 60 msec, which leads to some blocks having higher latency than others.
	
	EGPRS ARQ*
	Fast ARQ
	TTI = 10 msec
	HS-HARQ

	Latency (msec)
	160-225
	140-165
	70-95
	80-85


Table 3 – Latency comparison (time to send transmission, acknowledgement, and retransmission)
Note that the HS-HARQ mechanism and a reduced TTI [2] are compatible and may be combined. With a 10 msec TTI the latency for the combined scheme is 40-45 msec.

A mobile to mobile VoIP call with the HS-HARQ protocol has a single direction latency of approximately 220 msec. A mobile to mobile VoIP call with the HS-HARQ protocol combined with a 10 msec TTI has a single direction latency of approximately 140 msec.

3. HS-HARQ Proposal
Figure 1 shows the network architecture of the current EGPRS MAC and RLC protocols. Figure 2 shows the network architecture of the HS-HARQ mechanism. In the existing scheme the MAC and RLC protocols are both terminated at the PCU. Typically the PCU is located remote from the BTS at the BSC location or elsewhere.
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Figure 1 – Legacy Network Architecture
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Figure 2 – HS-HARQ Network Architecture

In the HS-HARQ scheme, the MAC is still terminated at the PCU but the ARQ is terminated at the BTS. The advantage of terminating the ARQ at the BTS is elimination of the backhaul delay between the BTS and PCU within the ARQ loop.
New functions which are supported in the BTS are:

· The HS-HARQ protocol

· Block scheduling for timeslots managed by the HS-HARQ mechanism

· Downlink data queuing
· Radio link management

· Polling management 

4. Channel Structures

HS-HARQ RLC data blocks have identical coding to EGPRS RLC data blocks (MSC1-MCS9) with modified header contents. HS-HARQ uses a synchronous ARQ mechanism for both downlink and uplink TBFs.

For a downlink TBF the timing between a transmission and its acknowledgement over the air interface is fixed. The downlink TBF timing is shown in Figure 3. The acknowledgement always occurs in the block period following the transmission. A retransmission of the original block may occur in the following block period, allowing for a 60 msec transmission, acknowledgement, retransmission cycle. 
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Figure 3 – Downlink HS-HARQ ARQ timing

For an uplink TBF the timing between a transmission and its acknowledgement over the air interface is fixed. The timing for an uplink TBF is shown in Figure 4. The acknowledgement always occurs in the block period following the transmission. A retransmission of the original block may occur in the following block period, allowing for a 60 msec transmission, acknowledgement, retransmission cycle.
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Figure 4 – Uplink HS-HARQ ARQ timing

5. Stop and Wait ARQ
In order to limit latency for conversational services, the HS-HARQ mechanism could allow the number of retransmissions for each block to be limited. This limit could be negotiated or implied as part of the QoS negotiation and communicated from BSS to mobile during TBF establishment.

The HS-HARQ mechanism could utilize multiple stop and wait ARQ processes. Each process performs a simple stop and wait ARQ protocol to transfer several data blocks across the air interface at a time. Multiple processes operate in parallel to fill the pipeline formed by the transmit-ack-retransmit cycle of the air interface. This structure requires less hybrid ARQ soft decision memory and fewer block sequence numbers than a traditional selective repeat hybrid ARQ mechanism.

At the transmitter, blocks are fed into an array of stop and wait ARQ processes. These processes transfer blocks to the receiver using a simple stop and wait ARQ protocol, applying the optional per-block retransmission limit at each process. The receiver uses the block sequence numbers to reorder the blocks from the various ARQ processes. At the receiver a New Data bit indicates that the transmit process has moved on to a new block and facilitates detection of missed data blocks.
6. Conclusion
A high speed hybrid ARQ (HS-HARQ) mechanism has been introduced that significantly reduces the latency of the GERAN for services such as VoIP, PoC, and videophone. HS-HARQ reduces the latency by moving the ARQ mechanism from the PCU to the BTS and operating multiple Stop and Wait ARQ processes with synchronous acknowledgement. The basic latency to acknowledge and retransmit a block is 40 msec in either uplink or downlink. By reformatting the EGPRS headers to use smaller BSNs and taking the remaining bits for piggybacked acknowledgements and other ARQ variables, the ARQ protocol overhead can be reduced to zero. 

The HS-HARQ protocol enables a single direction VoIP call latency on the order of 220 msec, well within the 200-300 msec for inter-regional VoIP calls recommended by ITU G.114 [1]. The HS-HARQ protocol combined with a 10 msec TTI enables a single direction VoIP call latency on the order of 140 msec, within the 150 msec for intra-regional VoIP calls recommended by ITU G.114 [1]. 
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